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DETAILED ACTION 
Response to Amendment 

1. This communication is in response to applicant's amendment filed November 23, 2005. 
Claims 1-20 are pending. 

Claim Rejections - 35 USC § 103 

The following is a quotation of 35 U.S.C. 103(a) which forms the basis for all 

obviousness rejections set forth in this Office action: 

(a) A patent may not be obtained though the invention is not identically disclosed or 
described as set forth in section 102 of this title, if the differences between the subject 
matter sought to be patented and the prior art are such that the subject matter as a whole 
would have been obvious at the time the invention was made to a person having ordinary 
skill in the art to which said subject matter pertains. Patentability shall not be negatived 
by the manner in which the invention was made. 

2. Claims 1-13 and 17-19 are rejected under 35 U.S.C. 103(a) as being unpatentable over 
Vargo et al (US Patent No. 6,356,545) in view of Bauer et al (US Pub No. 2001/0008556 Al) 
and further in view of Riddle (US Patent No. 6,175,856). Hereinafter, referred to as Vargo, 
Bauer, and Riddle. 

With respect to claims 1 and 17, Vargo discloses a DSP module to receive an analog 
telephone signal and to convert the analog telephone signal to a digital signal and further to 
packetize the digital telephone signal for transmission to a remotely-located device (Fig. 1 
illustrates an operation of the Internet telephone system. Therefore, placing a call over the 
Internet, first of all, the received analog signal from the call initiator must be digitized and 
packetized into packets, performed by a processor or DSP, before transmitting to the remotely 
located device). 
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Vargo does not disclose that the device and the remotely located device to negotiate a 
codec by simultaneously sending to each other one or more types of codecs that each supports 
and to select a mutually supported codec with a predetermined protocol. Riddle discloses in 
Figs. 5 and 6, that the sender/initiator and the receiver exchanging information regarding list of 
codecs that each can support and selecting a best codec from the list of exchanged codecs. 
Further, Riddle discloses in Figs. 1 and 2, a system for supporting teleconference between 
plurality of workstations and routers connecting different networks. Such system is implemented 
by a specific protocol therefore the step of exchanging information is also carried out by using 
such specific protocol. It would have been obvious to one having ordinary skill in the art at the 
time the invention was made to include the features of exchanging list of codecs between the 
sender and the receiver and selecting a best codec from the lists of exchanged codecs in Vargo 's 
system, as suggested by Riddle, to maximize system's efficiency. 

Vargo does not disclose that during communications between the remotely- located device 
and the DSP module, the DSP module to renegotiate the use of a second type of codec and 
switch to using the second codec upon detection of signal degradation and wherein the type of 
codec being utilized may be repeatedly, mutually, renegotiated to dynamically change compress 
techniques and switching between the codecs is performed during a call. Bauer discloses (page 
2, 9 th paragraph and page 3, paragraphs 27 th to 30 th ) that the initiating device inserts a notification 
in a field of the packet header to inform the recipient device that subsequent packets will be 
encoded with a different specified algorithm, until further notice, to maximize network 
utilization. Thereafter, the recipient device can load the appropriate coded to properly decode 
the received packets. In a further variation, the notification of a coded change or the current 
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code can be repeatedly included in the packet header at periodic intervals, or repeated a 
predetermined number of times in successive packets. 

Therefore, it would have been obvious to one having ordinary skill in the art at the time 
the invention was made to include the features of having the source and the destination, 
repeatedly, mutually, renegotiated for the new type of codec in response to the network 
conditions in Vargo's system, as suggested by Bauer, to accommodate QoS and effectively 
manage the bandwidth of a packet telephony system. 

With respect to claims 2-4, Vargo, Riddle, and Bauer have addressed all the limitations as 
recited in the independent claim 1 . Vargo does not disclose that wherein switching between the 
codes is initiated by a user of one of the telephone devices; a predetermined code is assigned to 
each codec, the user specifies the type of codec to be switched to by entering the predetermined 
code corresponding to a desired codec and predetermined code is programmably-alterable. 
However, switching initiated by a user and predetermined code are well known in the art such a 
TV remote controller, wherein a user can select different channels to view and wherein the 
remote controller can be programmed to store a number of channels with associated "hot keys". 
Wherein, each "hot key" is corresponded with a channel and a user can press that "hot key" to 
turn to that specific channel. User can re-program the remote controller to different "hot keys" 
associated with different channels at another time. It would have been obvious to one having 
ordinary skill in the art at the time the invention was made to include a method of user initiating 
and assigned predetermined code, which is re-programmable, for each codec in Vargo's system, 
to increase system's functionalities. 
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With respect to claims 5-8, Vargo discloses that the device to switch from a codec 
resulting in the use of larger packet sizes to a codec resulting in smaller packet sizes in response 
to detecting a lower available bandwidth on a packet switching network (col. 11, lines 18-22 
discloses that voice port 61 responds to changing network conditions to maintain speech quality, 
it is possible to vary the size of the individual packets or to vary the bundling-of the packets by 
techniques that are well known in the art. This implies that larger sized packets are reduced to 
smaller sized packets when low in bandwidth and vice versa). 

With respect to claim 9, Vargo discloses that remotely-located device detects the 
degradation in the quality of the voice information (the voice port adjusts by selecting the 
Voxware 2.9kbits/sec algorithm having somewhat lower sound quality, but with two level 
redundancy error correction after noticing dropped packets, herein, detecting the degradation in 
the quality of voice information, as disclosed in col. 10, lines 46-67 and Fig. 1 la). 

With respect to claim 10, Vargo discloses wherein the degradation in the quality of the 
voice information is due to loss of one or more packets (after noticing dropped packets, e.g., loss 
of one or more packets, the voice port adjusts by selecting the Voxware 2.9kbits/sec algorithm 
having somewhat lower sound quality, but with two level redundancy error correction, as 
disclosed in col. 10, lines 46-67 and Fig. 11a). 

With respect to claim 11, Vargo discloses wherein a threshold defines the number of lost 
packets that are tolerated triggering a decision to switch to the second type of codec (after 
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noticing dropped packets, the voice port adjusts by selecting the Voxware 2.9kbits/sec algorithm 
having somewhat lower sound quality, but with two level redundancy error correction, as 
disclosed in col. 10, lines 46-67 and Fig. 11a. Herein, the threshold defines the number of lost 
packets). 

With respect to claim 12, Vargo discloses that wherein a plurality of packets form a 
message and each packet includes a sequence number indicative of the position of the packet 
with respect to other packets in the same message, the sequence numbers of the same message 
being in sequential order (a stream of voice data 200 includes a plurality of data packets 
numbered 1 through 10, where each packet further contains a plurality of data bytes indicated by 
the letters in Fig. 8a to 8d). Vargo discloses that wherein a loss of packets is detected when one 
or more sequence numbers are missing from the received packets of the same message (after 
noticing dropped packets, herein, packets are not received in sequential order, the voice port 
adjusts by selecting the Voxware 2.9kbits/sec algorithm having somewhat lower sound quality, 
but with two level redundancy error correction, as disclosed in col. 10, lines 46-67 and Fig. 1 la). 

With respect to claim 13, Vargo discloses that wherein the degradation in the quality of 
the voice information is due to an intolerable delay associated with the time for a packet to travel 
between the device and the remotely-located device (since Internet is built to transfer data 
packets rather than continuous streams of sound, there may be delays and losses and the voice 
port 61 responds to changing network conditions, as disclosed in col. 1, lines 40-43). 
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With respect to claim 18, Vargo discloses that the codec negotiation is performed 
pursuant to H.245 protocol (Fig. 1 discloses Internet telephone systems; wherein, H.245 protocol 
is known for exchanging signaling messages). 

With respect to claim 19, Vargo discloses that the first type of codec utilizes a 
compression/decompression algorithm defined by any one of the standards: G.71 1, G.726, 
G.729, or G723.1 (assuming the voice port begins with the commercially available TrueSpeech 
codec algorithm, which encodes speech at 8.5kbits/sec and with no redundancy, as discloses in 
col. 10, lines 46-67 and Fig. 11a). Vargo discloses that second type of codec utilizes a 
compression/decompression algorithm defined by any one of the standards: G.71 1, G.726, 
G.729, or G723.1 (after noticing dropped packets, the voice port adjusts by selecting the 
Vox ware 2.9kbits/sec algorithm having somewhat lower sound quality but with two level 
redundancy error correction, as disclosed in col. 10, lines 46-67 and Fig. 11a). 

3. Claims 14-16 and 20 are rejected under 35 U.S.C. 103(a) as being unpatentable over 
Schuster et al (US Patent No. 6,483,600) in view of Riddle (US Patent No. 6,175,856 Bl) and in 
view of Bauer et al (US Pub No. 2001/0008556 Al) further in view of Blomfield-Brown (US 
Patent No. 5,625,678) and further in view of the admitted prior art disclosed in the specification 
on pages 1-4 and Fig.2. 

With respect to claims 14-16, Schuster discloses a DSP module for carrying a telephone 
conversation through a packet switching network (internal architecture for the data network 
gateway 30 and 70 for use in a number of different types of applications such as Internet access, 
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Internet telephony, facsimile transmissions, etc.... including telephone interfaces 34a-c, 
fax/voice modem 40a-c, and a data network interface 46 which contains software and hardware 
modules to perform call routing, modem configuration, and other features, as disclosed in col. 9, 
line 36-53 and Fig. 2). Schuster discloses that the DSP module responsive to analog fax signals 
from a first fax machine and to convert the analog fax signals to digital and to packetize the 
digital fax signals for transmission through the packet switching network, to the second fax 
machine (Fig. la discloses that a data network facsimile system for transmission digitized 
facsimile signals from facsimile device 20 to facsimile device 80 over the packet switching 
network). 

Schuster does not disclose that the DSP module to negotiate a codec by simultaneously 
sending to another DSP module one or more types of codecs that each supports and selecting a 
mutually supported codec with a predetermined protocol. Riddle discloses (Figs. 5 and 6) that 
the sender/initiator and the receiver exchanging information regarding list of codecs that each 
can support and selecting a best codec from the list of exchanged codecs. Further, Figs. 1 and 2 
disclose a system for supporting teleconference between plurality of workstations and routers 
connecting different networks. Such system is implemented by a specific protocol therefore the 
step of exchanging information is also carried out by using such specific protocol. It would have 
been obvious to one having ordinary skill in the art at the time the invention was made to include 
the features of exchanging list of codecs between the sender and the receiver and selecting a best 
codec from the lists of exchanged codecs in Schuster's system, as suggested by Riddle, to 
maximize system's efficiency. 
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Schuster does not disclose that the DSP module to switch between codecs based on 
statistics from the DSP module. Bauer discloses (page 2, 9 th paragraph and page 3, paragraphs 
27 th to 30 th ) that the initiating device inserts a notification in a field of the packet header to 
inform the recipient device that subsequent packets will be encoded with a different specified 
algorithm (switching between codecs), until further notice, to maximize network utilization 
(statistics from the DSP module). Thereafter, the recipient device can load the appropriate coded 
to properly decode the received packets. In a further variation, the notification of a coded change 
or the current code can be repeatedly included in the packet header at periodic intervals, or 
repeated a predetermined number of times in successive packets. 

Therefore, it would have been obvious to one having ordinary skill in the art at the time 
the invention was made to include the features of having the source and the destination, 
repeatedly, mutually, renegotiated for the new type of codec in response to the network 
conditions in Schuster's system, as suggested by Bauer, to accommodate QoS and effectively 
manage the bandwidth of a packet telephony system. 

Schuster does not disclose wherein fax transmission may cause a temporary interruption 
to the telephone conversation thereby avoiding the need for telephone connection to be 
disconnected prior to the fax transmission. Blomfield-Brown discloses wherein fax transmission 
may cause a temporary interruption to the telephone conversation thereby avoiding the need for 
telephone connection to be disconnected prior to the fax transmission (col. 2, line 15-21 discloses 
that when a person wants to send data, fax transmission, to the other person on a call, the sending 
modem temporarily mutes the handset and sends a signal directing the receiving modem to 
switch to data mode. When the receiving modem receives the signal, it mutes the handset and 
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prepares to receive data. After transferring the data, both modems unmute their handsets and 
normal conversation ensues). It would have been obvious to one having ordinary skill in the art 
at the time the invention was made to include the feature of temporary muting the telephone 
conversation, sending and receiving data while the conversation is on hold in Schuster's system, 
as suggested by Blomfield-Brown, to allow multiple applications such as voice and data running 
and sharing at the same time to increase the productivity and maximize the usage of such system. 

Schuster does not disclose wherein frequency adjustments are made to compensate for 
differences in frequency between the fax transmission and the telephone signal. The admitted 
prior art discloses wherein frequency adjustments are made to compensate for differences in 
frequency between the fax transmission and the telephone signal (in fax transmissions, a codec 
loaded into the DSP followed by an "overlay". The "overlay" converts the rate of transmissions 
of fax signals to the appropriate speed necessary for transmission of fax information over IP, as 
disclosed in page 4, lines 1-5 and Fig. 2). It would have been obvious to one having ordinary 
skill in the art at the time the invention was made to include the overlay feature in Schuster's 
system, as suggested by the admitted prior art, to compensate for frequency differences in a 
network. 

With respect to claim 20, Schuster discloses wherein the connections are established 
pursuant to the H.225 protocol (col. 5, line 6-35 discloses that H.225 protocol is used in 
communications). 
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Response to Arguments 
4. Applicant's arguments filed November 23, 2005 have been fully considered but they are 
not persuasive. 

Applicant argues in page 7 that Bauer does not disclose that during communications 
between the remotely located device and the DSP module, the DSP module is to renegotiate the 
use of a second type of codec and may switch to the second type of codec upon detection of 
signal degradation and wherein the type of codec being utilized may be repeatedly, mutually, 
renegotiated to dynamically change compression techniques and switching between the codecs is 
performed during the call. 

Examiner respectfully disagrees. Bauer discloses that the initiating device (DSP module) 
inserts a notification in a field of the packet header to inform the recipient device (remotely 
located device) that subsequent packets (during a call) will be encoded with a different specified 
algorithm, until further notice, to maximize network utilization. Thereafter, the recipient device 
can load the appropriate coded to properly decode the received packets. In a further variation, 
the notification of a coded change or the current code can be repeatedly included in the packet 
header at periodic intervals, or repeated a predetermined number of times in successive packets 
(page 2, 9 th paragraph and page 3, paragraphs 27 th -30 th ). Therefore, Bauer discloses the claimed 
limitations. 

Applicant argues in page 8 that Schuster does not disclose the newly added limitation 
"the DSP module to switch between codecs based on statistics from the DSP module' 5 in 
independent claim 14. However, Bauer discloses that the DSP module to switch between codecs 
based on statistics from the DSP module as stated in rejections of independent claim 14. 
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Conclusion 

5. THIS ACTION IS MADE FINAL. Applicant is reminded of the extension of time 
policy as set forth in 37 CFR 1.136(a). 

A shortened statutory period for reply to this final action is set to expire THREE 
MONTHS from the mailing date of this action. In the event a first reply is filed within TWO 
MONTHS of the mailing date of this final action and the advisory action is not mailed until after 
the end of the THREE-MONTH shortened statutory period, then the shortened statutory period 
will expire on the date the advisory action is mailed, and any extension fee pursuant to 37 
CFR 1.136(a) will be calculated from the mailing date of the advisory action. In no event, 
however, will the statutory period for reply expire later than SIX MONTHS from the mailing 
date of this final action. 

6. Any inquiry concerning this communication or earlier communications from the 
examiner should be directed to Anh-Vu H. Ly whose telephone number is 571-272-3175. The 
examiner can normally be reached on Monday-Friday 7:00am - 4:00pm. 

If attempts to reach the examiner by telephone are unsuccessful, the examiner's 
supervisor, Chi Pham can be reached on 571-272-3 179. The fax phone number for the 
organization where this application or proceeding is assigned is 571-273-8300. 
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Information regarding the status of an application may be obtained from the Patent 
Application Information Retrieval (PAIR) system. Status information for published applications 
may be obtained from either Private PAIR or Public PAIR. Status information for unpublished 
applications is available through Private PAIR only. For more information about the PAIR 
system, see http://pair-direct.uspto.gov. Should you have questions on access to the Private PAIR 
system, contact the Electronic Business Center (EBC) at 866-217-9197 (toll-free). 
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